Subband adaptive filters have been proposed to avoid the drawbacks of slow convergence and high computational complexity associated with time domain adaptive filters. Subband processing introduces transmission delays caused by the filter bank and signal degradations due t o aliasing effects. One efficient way to reduce the aliasing effects is t o allow a higher sample rate than critically needed in the subbzkds and thus reduce subband signal degradation. We suggest a design method, for a uniform DFT filter bank with any over sampling factor, where the total filter bank group delay may be specified, and where the aliasing and ' magnitude/phase distortions are minimized.
INTRODUCTION
Subband adaptive filtering has arised as an alternative for conventional time domain adaptive filtering, [l] . The main reason is the reduction in computational complexity and the increase in convergence speed for the adaptive algorithm, by dividing the algorithm into subbands, [2]. The computational savings comes from the fzct that time domain convolution becomes decoupled in the subbands, at a lower sample rate, [3]. Subband analysis and synthesis is often perfoimed using multirate filter banks, [4]. Non-ideal filters in the filter bank cause aliasing of the subband signals. This aliasing can be cancelled in the synthesis bank when certain conditions are met by the synthesis filters and in the subband processing. However, even if this aliasing is cancelled in this way, the inband aliasing is still present in the subband adaptive filter input signals and, consequently, the adaptive filters are perturbed and the overall performance of the system is reduced, [5]. Several solutions to the subband filtering problem have been suggested in the literature. Non-critical decimation has been suggested in 111, where filter bank delay aspects, and amplitude distortions, have not especially been taken into consideration. The use of cross filters, [5], has been suggested t o explicitly filter out the aliasing components. A delayless structure has been proposed in [6], where the actual filtering is performed in the time domain, with consequences of higher computational complexity. The computational complexity also increases significantly with cross band filters. The use of allpass IIR filter banks gives very
high sidelobe attenuation and has been shown to be computationally efficient, while keeping the aliasing effects low, [7] . Non-linear phase distortions and appearance of narrowband high energy aliasing terms may be noticed at the subband boundaries with this approach.
We use an uniform DFT modulated FIR. filter bank for the subband transformations. Modulated filter banks provide a computationally efficient implementation, due to the polyphase implementation [4], and great design simplicity. The main contribution in this paper is the suggested design method, where the inband and the reconstruction aliasing are minimized simultaneously, while the total filter bank group delay is pre-specified. A numerical comparison of a real room identification shows that both the inband aliasing and the filter bank delay affects the identification accuracy.
THE UNIFORM DFT MODULATED FILTER BANK
A set of K filters forms a uniform DFT analysis filter bank when they are related to a prototype filter, ho(n), as Each branch signal, vk(Z), is simply a filtered version of the input signal
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The decimators cause a summation of repeated and expanded spectra of the input signal 
1=0 1=1 For each subband signal, we define a measure of the inband aliasing as the total gain of all repeated spectra in that subband. Due to the modulated structure of the filterbank, the inband aliasing gains will be the same for all subband signals. Thus, we only measure the inband aliasing for the first subband, Do(z), given by
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The inband aliasing given in Eq. (8) is an upper bound on the actually incurred aliasing term, since cancellation of the terms in the sum may occur. However, filtering in the subbands will alter the cancellation effect and the objective is t o minimize the upper bound in order t o successfully tackle adaptive filtering in the subbands.
PROTOTYPE FILTER OPTIMIZATION
We want t o find a prototype filter h which minimizes the overall error function E(h)
where the factors a, 0, 7 and 6 are weight factors and the average amplitude error, €1, is defined as and the average phase error, € 2 , is defined as
where T is the desired group delay of the filter bank response T ( z ) . The average aliasing distortion, €3, is defined as
and the average aliasing distortion in the first subband, €4, is defined as 2 r 1"
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The minimization of Eq. (9) is a very involved non-linear optimization problem. We suggest an iterative two step procedure, where we optimize Eq.' (9) based on two design parameters, a passband boundary frequency, w,, and a stopband boundary frequency, w 8 . For given design parameters, a prototype filter h, can be created using methods outlined in [9] and [lo] . This is a complex domain filter design method which allows also for optimization on the group delay. The objective in this design is to minimize the function, J(wB, wpr T ) , on a sampled grid of frequencies where we have used discretized approximations of the gradient. The step sizes are exponentially decreased. Index i is increased by one and steps 2 and 3 are continued until a stop criterion is met. 
E V A L U A T I O N
We have designed two critical and two non-critical decimated filter banks with 32 subbands and each with decimation factor 32 and 16, respectively. The length of the prototype filter is 128 and the group delay is specified as T = 128 and T = 64. Table 1 shows the final distortion measures after optimization, for the four scenarios. We evaluate the performance of the subband implementations in the case of a real room impulse response estimation. A white noise sequence is emitted through a loudspeaker in a conference room and by using a microphone observation as a desired signal, we identify the acoustic path, see Fig. 2 . We use the least squares estimation method, [2], individually in each subband, and compare the fullband FIR. filter identification with subband identifications achieved with the filter banks given in Table 1 . The average spectral error of the estimations, are given in Table 2 , together with A FFT filter bank implementation. The system responses of the critically decimated filter bank identifications are shown in Fig. 3 , while Fig. 4 shpw the response of the non-critically decimated filter banks, together with the real room system response. It can be seen that the variations are much larger with the critically decimated subband implementation, especially at the subband boundaries. The estimation accuracy for the non-critical decimated filter banks are close t o the fullband solution and significantly better than the critically decimated cases.
. C O N C L U S I O N S
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We have proposed an efficient design method for an uniform DFT filter bank with the possibility of a prespecified filter bank group delay. The optimization minimizes the inband aliasing components as well as the overall filter bank transfer function's phase and amplitude deviation. A real room transfer function estimation shows that the accuracy is dependent on both the group delay and the aliasing effects. Subband oversampling decreases the inband aliasing, which in turn increases the estimation accurwy. The gain with -9.84 d B over sampling is more significant when reduced delay filter banks are used. 
